Abstmct-We propose a novel call admission control which makes use of ratio-based traffic measurement to estimate the required bandwidth when a call request is issued. Existing approaches fail to estimate properly the required bandwidth. To alleviate the problem, we calculate the ratio between the measured mean rate and the mean rate declared by UPC parameters.
Abstmct-We propose a novel call admission control which makes use of ratio-based traffic measurement to estimate the required bandwidth when a call request is issued. Existing approaches fail to estimate properly the required bandwidth. To alleviate the problem, we calculate the ratio between the measured mean rate and the mean rate declared by UPC parameters.
The ratio and the target cell loss rate are used to estimate the required bandwidth to make a decision if a new call is accepted or rejected.
Because of more accurate estimation on the required bandwidth, our method can provide a better control on quality of service.
INTRODUCTION
Asynchronous transfer mode (ATM) is a modern technology enabling the integration of different trafhc types within a single communication network. Various service classes have been defined in ATM for the support of traffic with different quality-of-service (QoS) requirements. These classes consist of constant bit rate (CBR), realtime variable rate (rt-VBR), non-real time variable bit rate (nrt-VBR), available bit rate (ABR), and unspecified bit rate (UBR). To ensure the QoS of each service and achieve a high network utilization, there is a need of trafhc control to determine whether a new call should be accepted or rejected. In this paper, we focus on the admission control of VBR sources.
Among various control schemes, call admission control (CAC) is widely used [l, 2, 31. Two types of CAC approaches have been proposed: model-based methods and measurement-based methods. Model-based methods require each source to characterize its offered trafhc using UPC parameters, i.e., peak rate, mean rate, and maximum burst size. However, these approaches suffer from the disadvantage that characteristics of a piece of trafhc may vary when it is transferred along a network. In particular, a piece of bursty trafhc may be Supported by the National Science Council under the grant NSC-89-2218-E-110-002. made less bursty when it passes through the buffers of switches in a network. Using UPC parameters cannot reflect such changes of trafhc characteristics. Due to inaccurate estimation of the required bandwidth, modelbased approaches may lead to over-or under-allocation of bandwidth.
Over-allocation wastes bandwidth and results in low bandwidth utility, while under-allocation provides inadequate bandwidth for connections and results in large delay and high cell loss rate. Measurementbased approaches [4, 51 use the real measure of trafhc to estimate the remaining bandwidth that can be allocated to a new call. The mean rate of measured trafhc is considered as the real traffic of existing connections on a switch. These approaches have a major advantage that bandwidth can be dynamically allocated to connections. However, since they do not refer to UPC parameters, the allocation of bandwidth is not accurate, especially in the period when connections are added or closed frequently.
We propose a ratio-based CAC approach to overcome the drawbacks of measurement-based approaches. We calculate the ratio between the measured mean rate and the mean rate declared by UPC parameters. The ratio and the target cell loss rate are used to estimate the required bandwidth to make a decision if a new call is accepted or rejected. Because of more accurate estimation on the required bandwidth, our method can provide a better control on quality of service.
MODEL-BASED AGGREGATE CHARACTERISTICS
When a new VBR call requests to connect, it specifies QoS requirements by UPC parameters such as peack rate X,, mean rate X,, and maximum burst size B,. According to these parameters, Doshi [6] constructed a trafhc model with two states, on-state and off-state, for the source. Let To, denote the period in which the source transmits cells in peack rate and Toff denote the period in which the source does not transmit cells at all. Then 0-7803-7206-9/01/$17.00 © 2001 IEEE and the probability that the source is at on-state is (2) To take into account the effect of maximum burst size and buffer space, Doshi modified the above model such that a source transmits cells at hight rate XH in the interval of To, and transmits cells at low rate XL in the interval of Toff, where where Lb is the buffer size and C,,, is the maximum bandwidth. Suppose there are n sources, each with UPC parameters Xf, mean rate Xg, and maximum burst size Bi. Let X$, Xi, and Pi, are corresponding high-rate, low-rate, and on-state probability, respectively. Then the mean rate, rpc, and the variance, (c+'~)~, of the aggregate traffic obtained from UPC parameters are 
where ci is the total number of cells transmitted by all the n connections. Let Xppc be the aggregate mean rate of the n connections declared by UPC parameters in sub-window i. Note that Xppc is calculated by Eq. (6) . Then the mean ratio-measure in sub-window i is given by 
with q being the target cell loss rate defined by UPC parameters. Note that Xy'r denote the aggregate mean rate of the existing connections, not including Xyr. Since the real traffic of the new call is not known, we use, as in the measurement-based method, UPC parameters to estimate the required bandwidth, Ci,, for the new call:
where IS:: is derived by Eq.(7) with only one source, the new call. Therefore, the total required bandwidth estimated in sub-window N + 1 is c,=c,+ci,. The total required bandwidth, C,,,, estimated in subwindow N + 1 is Consider two cases: static and dynamic.
where Ci, is the same as in Eq.( 16). If C,,, 5 C,,, , the new call is admitted. Otherwise, the new call is rejected.
Static Connections: All connections are static, i.e., no connections are admitted or closed, during the previous N sub-windows when a new call request is issued at sub-window N + 1. In this case, the aggregate mean rate calculated from UPC parameters for existing connections is fixed, i.e., 
Therefore, our method estimates the same amount of required bandwidth as the measurement-based method does when no connections are added or closed in the previous N sub-windows of a new call request.
Dynamic connections:
Connections are admitted or closed during the previous N sub-windows when a new call request is issued at sub-window N + 1. In this case, the measurement-based method will get an under-estimation for the existing connections at sub-window N + 1, since the measured trafhc of the newly added calls will be averaged out, as shown in Figure 2 . Under-estimation may be dangerous and unacceptable. Too many connections may be admitted and QoS won't be guaranteed. Our method estimates a larger bandwidth because of the use of ratios between measured mean rates and UPC parameters. Let's use a simple case for illustration.
Suppose some static connections remain through sub-windows 1,2,. . . , N, and a new call p is added at sub-window N. Assume that AYe8 is equal to the real aggregate mean rate Xreal and that the aggregate mean rate of the static connections 0-7803-7206-9/01/$17.00 © 2001 IEEE at each sub-window is a constant, Area1 . Let X"pe denote the aggregate mean rate obtained by the specified UPC parameters of the static connections. Let real _ A, -Areal + yl (26)
where Xraz and Xp"P' denote the real mean rate and specified UPC mean rate, respectively, of connection p at sub-window N. Apparently, the estimated mean rate for the existing connections in sub-window N + 1 should be
The measurement-based method uses = x real + &yl (29) to estimate the aggregate mean rate of the existing connections in sub-window N + 1. Apparently, ,yS is less than greal.
That is, the measurement-based method provides an under-estimation for the mean rate. However, the aggregate mean rate estimated by our method is Clearly, M, is a more reasonable estimation for EVea than ,zeS. Therefore, our method provides a better estimation on the required bandwidth than the measurementbased method. Finally, let's demonstrate the effectiveness of the ratiobased method by a simulation.
The values of the related parameters for this simulation are: C,,, = 20 Mbps, Lb = 500 cells, T = 5 ms, N = 100, UPC peak rate X, = 5 Mbps, UPC mean rate X, = 2.5 Mbps, low rate XL = 2 Mbps, high rate AH = 3 Mbps, CLR bound = 10p5, burst size B, = 500, number of cells of each connection: 5000 -10000 cells, and the time between two connection requests: 0.000424 -0.100424 sec. Figure 3 and Figure 4 show the admitted traffic, the estimated required bandwidth, and the maximum bandwidth for the measurement-based method and the ratio-based method, respectively.
Apparently, underestimation and over-estimation occur in Figure 3 [l] R. Guerin, H. Ahmadi, and N. M., "Equivalent capacity and its application to bandwidth allocation in high-speed networks," IEEE Journal on Selection Areas in Communications, vol. 9, pp. 968-981, September 1991. Figure 6 : Cell loss rate not in Figure 4 . Figure 5 and Figure 6 show comparisons on bandwidth utilization and cell loss rate, respectively, between the two methods. The measurement-based method has a high utilization in the period of underestimation, but has a low utilization in the period of over-estimation. However, cell loss rate is very high with the measurement-based method, much higher than the specified CLR bound. Although the ratio-based method cannot fully utilize the bandwidth, the cell loss rate is essentially zero, meeting the specified CLR bound.
[7] 0. Ren and G. Ramamurthy, "A real-time dynamic connection admission controller based on traffic modeling, measurement, and fuzzy logic control," IEEE Journal on Selection Areas in Communicetions, vol. 18, pp. 184-196, February 2000.
SUMMARY
We have described a new call admission control for ATM networks. The control makes use of ratio-based measurements to estimate the required bandwidth by which the acceptance or rejection of a new call request is determined. We have shown that our method can have a better estimation on the required bandwidth than the implementation-based method.
